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With the advent of the DVD (Digital Versatile Disc) it has become possi- 
ble to store more than two good-quality sound channels with onto a user- 
friendly medium. This in turn has given an impetus to surround-sound 
reproduction in the average living room. This article takes a look at the 
facilities of the two currently most important surround-sound systems: 


Dolby Digital and DTS. 
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Figure |. Setup of a domestic surround-sound installation consisting of five loudspeakers and a separate subwoofer. 


Since stereo reproduction can pro- 
vide a realistic spread of sound over 
an arc of only about 60 degrees in 
the horizontal plane, full-scale, three- 
dimensional surround sound became 
popular in the 1970s in the cinema. 
This popularity led to its adoption in 
television broadcasts, video tapes 
and compact discs (CDs). Micro- 
phone techniques are basically the 
same as those used for stereophonic 
reproduction by the use of quadra- 
phonic panpots to control music and 
other sounds. 

Although surround sound was 
adopted by virtually all cinemas, it 
was not until the 1990s that it was 
introduced into domestic living 
rooms. Before that time, quadra- 
phonic sound systems employing four 
independent channels of sound infor- 
mation for greater realism became 
available, but they did not enjoy 
much success owing to their complex 
design (gramophone records had to 
be played back with quadra-styli), the 
lack of source material, and consumer 
apathy. Good-quality stereophonic 
systems were expensive enough for 
most who did not fancy the idea of 
having to buy two additional loud- 
speakers, a decoder, and an extra 
stereo power amplifier. 

Nevertheless, surround sound 
reproduction adds an extra dimen- 
sion to experiencing sound. This is 
true not only in the cinema, but also 
for recorded music where a surround 
sound system makes you feel as if 
you are at the actual performance. 

Thanks to modern recording tech- 
niques, large memories (CD/DVD), 
and low prices of stereo equipment 
and loudspeakers, the public at large 
has become seriously interested in 


surround sound at home. Moreover, 
the DVD has proved an ideal source 
for multi-channel sound reproduc- 
tion. This is because the DVD has 
sufficient storage for a number of 
sound channels and coding systems 
alongside the video signal. 

Currently, there are two systems 
that have become pre-eminent in 
surround sound and both originate 
in the world of cinema. The better 
known of these is Dolby Digital, 
although the lesser known, DTS, pro- 
vides better quality. Most other sys- 
tems, such as MPEG, have virtually 
disappeared from the market owing 
to lack of support. 


Hardware 


A modern surround-sound system 
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uses five main channels and a separate sub- 
woofer channel: known as 5.1 audio — see 
Figure 1. It consists of two main loudspeak- 
ers (left/right front speakers), a centre-channel 
speaker, two rear speakers (left/right sur- 
round speakers), and a (optional) subwoofer. 

The left/right front speakers should ideally 
be placed at either side of the television set. 

The centre-channel speaker is perhaps the 
most important speaker since it not only 
improves the intelligibility of the dialogue, 
but also pinpoints the entire acoustic presen- 
tation to the sound source (television screen). 

The surround speakers provide the spatial 
acoustics. 

The subwoofer is optional, but of interest 
to those who wish to reproduce subsonic 
sounds with films. 

The set of loudspeakers could be started 
in many cases with the two stereo speakers 
of the existing audio system, to which three 
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Figure 2. Block diagram of a Dolby Digital (AC-3) encoder. 
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small speakers (centre and surround), and a 
subwoofer, if desired, are added. It is equally 
possible to start with adding just the two sur- 
round speakers and leave the centre-channel 
speaker till later. Modern sound systems are 
very flexible. 

Other equipment for setting up a domes- 
tic surround-sound system (home theatre) 
includes a television set, and a surround- 
sound amplifier or receiver with integral 
decoder for at least Dolby Digital. A suitable 
receiver — with five output stages — is avail- 
able nowadays from about £200 (in the UK). 
Another item is, of course, a DVD player 
(£180-£400) or DVD recorder (currently 
imported from Japan at about £1500, but 
should become available in the USA and UK 
by the end of this year or early next year ata 
similar price). 


Compression 


The storing of five or more complete sound 
channels together with the video data would 
take too much space, in spite of the large 
capacity available on modern discs. There- 
fore, the sound channels are compressed, just 
like the video data. It must not be thought 
that compression means a deterioration of the 
sound quality - modern compression tech- 
niques make this virtually indiscernible. 
Moreover, compression is particularly suitable 
in a multi-channel system since there is nor- 
mally more redundancy available (bits that 
are conveyed, but carry no additional infor- 
mation — they are used to detect or correct 
errors that may have been introduced into the 
channel). For instance, non-compressed stor- 
ing of six channels with 16-bit resolution and 
48 kHz sampling rate would require a data 
stream of 5.184 Mbit/s. 


Dolby digital 


Dolby Digital uses an algorithm that has been 
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Figure 3. Block diagram of a Dolby Digital (AC-3) decoder which contains all the 


logic to reconvert encoded data. 


standardized by the United States 
Advanced Television Systems Com- 
mittee — ATSC - under the title AC-3. 
This compression algorithm can 
compress up to 5.1 audio channels 
(five full-range channels plus a sub- 
woofer channel) into a data stream 
of 32-640 kbit/s, depending on the 
wanted quality. 

The block schematic of a typical 
AC-3 encoder is shown in Figure 2. 
The input signals to it are pulse code 
modulated (PCM) data. In the first 
instance a series of PCM signals is 
converted to the frequency domain 
by an analysis filter bank. Overlap- 
ping blocks of 512 time samples are 
multiplied in a time window and 
analysed into a frequency domain. 





Because of the overlapping, each 
PCM input sample is present in two 
consecutive frequency blocks. Sub- 
sequently this representation is 
halved in the frequency domain so 
that 256 frequency coefficients 
remain. The individual coefficients 
are stored in an exponential notation 
with a binary exponent and man- 
tissa. The set of exponents is 
decoded to obtain a rough reproduc- 
tion of the signal spectrum - the 
spectral envelope. This envelope is 
used by a bit allocation to determine 
how many bits are needed for encod- 
ing each separate mantissa. The 
spectral envelope and the coarsely 
quantized mantissa for six audio- 
blocks (that is, 1536 audio samples) 
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Figure 4. Block diagram of a DTS encoder using the Coherent Acoustics algorithm. 


are then stored in a single AC-3 
frame. The overall AC-3 bit stream 
consists of a chain of such frames. 

A number of facilities are not 
included in the block diagram. For 
instance, there is a frame header 
containing all necessary data, such 
as bit rate, sampling rate, number of 
channels, and others. 

Also, there are several ways of 
encoding. For example, the spectral 
resolution of the analysis filter bank 
may be altered dynamically; the 
spectral envelope may be encoded 
with a variable time/frequency reso- 
lution; and channels may be com- 
bined at high frequencies to attain 
high compression at low bit rates. 

Decoding is basically the reverse 
of encoding. The decoder in Figure 3 
must first be synchronized with the 
encoded bit stream, and then check 
for possible errors before it can start 
to unravel the various kinds of data, 
such as the encoded spectral enve- 
lope and the quantized mantissas. 
The bit allocation routine provides 
the results necessary to analyse and 
dequantize the mantissas. The spec- 
tral envelope is decoded to deter- 
mine the exponents. Finally, the 
exponents and mantissas are recon- 
verted to the time domain. 

Figure 3 is not entirely complete: 
it does not show the blocks for error 
correction, eventual decoupling of 
channels, and dynamic adaptation of 
the filter bank. 


DTS digital surround 


Although Dolby Digital is the most 
widely used, professionals are 
agreed that DTS Digital Sound gives 
better sound quality. The block 
schematic of the DTS encoder in Fig- 
ure 4 is quite different from that in 
Figure 2, but such diagrams do not 
show where differences in sound 
quality may be seated. The only tan- 
gible aspect is that DTS uses a larger 
data stream than Dolby Digital. 

DTS uses the Coherent Acoustics 
compression algorithm. In Figure 4 
the input signal is split into a num- 
ber of sub-bands by a polyphase fil- 
ter. This provides short-term infor- 
mation about the spectral division of 
the signals and enables audible 
redundancies to be eliminated. Each 
sub-band signal continues to contain 
linear PCM audio data, but only with 


limited bandwidth. The bandwidth 
and number of sub-bands depend on 
the bandwidth of the input signal, 
but usually the audio spectrum is 
split into 32 uniform sub bands. 
Within each sub-band differential 
encoding (sub-band ADPCM) takes 
place, and at the same time psycho- 
acoustic and transient analyses are 
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carried out on the signals in the sub-band to 
detect discernible but unnecessary data. 
Depending on the bit rate, the results are 
used to adapt the master routine to the dif- 
ferential encoding. The combination of this 
differential encoding and the psycho-acoustic 
adaptation is very efficient. 

It is noteworthy that with increasing bit 
rates the psycho-acoustic adaptation is 
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Recently a new standard has been introduced that is already available on the more expen- 


sive domestic equipment: Dolby EX 


(also called Dolby 6.1). In this, an additional channel is 


added to the existing five. This is a third rear channel centred between the existing two: a 


centre-surround. This pinpoints the | 
The system is already in use in many 


ocation of the various sounds even more precisely. 
cinemas. In practice, it appears that it is fairly simple to 


add a sixth channel to a domestic system without the need of a new decoder. Needed are a 
Dolby Pro Logic decoder and an additional output amplifier. The outputs of the two sur- 


round-sound channels are applied to 


the Pro Logic decoder which provides two new rear 


channels and the additional centre surround channel. Several magazines and surround- 
sound enthusiasts have tried this setup and all claim that it works very well, indeed. 

Competitors are not left behind, however, so DTS have introduced DTS-ES (Extended 
Surround) that also offers a centre rear channel. 
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THX and THX Ultra 


The THX system from Lucas Films (makers of 


Star Wars) is not a discrete surround-sound sys- 
tem, but an extension of existing systems com- 


bined with a standard of quality that dictates 
which requirements a surround-sound system 
and associated software must meet to qualify 


LUCAS F 





for displaying the THX symbol. There are two groups: THX Select and THX Ultra. The 
main difference between these lies in the volume of the listening space: THX Select is for 
living rooms of 70 m3 or less, whereas THX Ultra is for rooms of greater volume. 

The hardware must meet the stringent requirements proscribed by Lucas Films. For 
instance, amplifiers are judged on power and distortion, and loudspeakers on their pattern 
of directivity, frequency response and minimum sound pressure level. The rear speakers 


should be dipole types. 


The THX processor uses a Dolby Pro Logic or Dolby Digital signal and adapts this to 
the listening environment. A peculiarity here is the decorelation of the rear channels to pre- 
vent localization of the sound sources. The processor also provides timbre matching which 
ensures proper matching of sound between the front and rear channels so that sound shifts 
between front and rear channels occur more smoothly. 

Manufacturers must submit their equipment for test and inspection and only when this 
is successful is THX approval certification granted. The tests include even a check on the 


accuracy of the test tones. 


reduced gradually so that the signal quality 
rises with the bit rate. 

The bit management routines ensure the 
allocation and division of the bits over all 
encoded sub-bands of the audio channels. 

The final stage of the encoder consists of 
a data multiplexer that combines all encoded 
data of the sub-bands of all channels, any 
additional data, and synchronization bits into 
a single data stream. 

In the decoder in Figure 5, after synchro- 
nization the encoded bit stream is unraveled 
and any errors in the data detected and cor- 
rected. After that, the data is demultiplexed 
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to the separate sub-bands of each 
audio channel. 

The differential sub-band signals 
are inverse-digitized to sub-band 
PCM signals in the second stage 
according to the instructions trans- 
mitted with each sub-band. The sig- 
nals so obtained are inverse-filtered 
to restore the signal in the time 
domain for the entire frequency 
spectrum. 

An important advantage of the 
DTS system is the fact that all intel- 
ligence is contained in the encoder, 
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Figure 5. Block diagram of the DTS decoder, which is a quasi-passive type. The information 
on the manner of decoding is conveyed with the signal data. 


which enables a quasi-passive 
design of the decoder. All decoding 
information is contained in the 
encoded bit stream, so that the 
encoding algorithm can be altered 
without the decoder having to be 
adapted. 


Various possibilities 


Both systems offer the user an num- 
ber of possibilities to adapt the sig- 
nals to personal preferences. 

It is, for instance, possible to indi- 
cate how many and which loud- 
speakers are connected. This infor- 
mation enables the processor in the 
decoder to determine which signals 
must be sent to which channels. 

Also, the distances between the 
loudspeakers and the listener, and 
the location of the rear speakers, 
may be input, so that the processor 
can take account of the delay times. 

The frequency division may be 
adapted to circumstances. For 
instance, it may be input that the 
rear speakers are small, so that low 
frequencies for these speakers are 
diverted to te front speakers. The 
same is true for the subwoofer. If this 
is not used, the information for it is 
diverted to the other loudspeakers. 


More channels? 


Modern surround-sound systems are 
not just technical advances, but they 
add a sense of realism to the experi- 
ence of sound in the domestic living 
room. Unfortunately, as so often 
when the consumer has accepted a 
new system, the manufacturers are 
inclined to go on adding facilities. 
Currently, there is a tendency to add 
even more channels, although most 
consumers are happy enough to be 
able to add two, or at most three, 
additional loudspeakers in their liv- 
ing room. Where will it all end? For- 
tunately, most systems have a down- 
matrixing mode with which the 
number of channels can be restricted 
or reduced to what is wanted 
[000075] 


More information may be found at 
the following web sites. 

Dolby: http://www.dolby.com 
DTS: http://dtstech.com 

THX: http://www.thx.com 


